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ABSTRACT
Reverberation is the reflection of sound caused by objects in space, similar to the way the visual world is sensed by
the reflection of light. Novel reverberation algorithms are in high demand within the music industry due to changing
trends and desire for unique sounds. As DSP hardware has improved, it is easier to implement multiple effects into
the same algorithm. This paper presents a hall algorithm augmented with a series of chorus modulation blocks in an
attempt to create new sounds. The approach is to add chorus blocks before the early decay phase of the hall
algorithm, as well as within the late reverb generation phase. The result is a stacked modulation reverberation
algorithm.
1.

INTRODUCTION

Reverberation algorithms have become a universal part
of a musician’s tool kit. Natural reverberation also plays
a vital role in classical music history. Concert halls were
carefully constructed in order to add a brief lingering
sound to enhance the overall sound of an orchestra.
Archaeoacoustics experts argue that the reverberation
created by ancient monuments, such as the Stonehenge
or within caves, were used by our ancestors [1] to
enhance rituals [2].
So what is it about reverberation that has made it so
important to music for thousands of years? To answer
this question simply: reverberation improves music and
it gives it a warmer and richer sound. A study by
Bidelman and Krishnan explored the response in the
brainstem to a vowel sound, and how this was changed
with moderate reverberation [3]. They found that
reverberation had little effect on the neutral encoding of

pitch while significantly degrading the neural encoding
of formant related harmonics. Within music, this would
indicate that the perceived resonance of the notes would
change but not the pitch [2]. This study proved to be
useful in the music industry as well as in the digital
signal processing field because a current trend is in
modulated algorithms and these unique algorithms that
are produced help many musicians produce new and
improved music and it also helps audio engineers study
the valuable algorithms. Unique algorithms are typically
created by adding a single modulation effect in series
with a reverberator. Improved DSP hardware makes the
addition of further modulation effects feasible in real
time implementations. An example of this is when a
performer with a flat voice attempts to sing and the
audio engineers scramble to add necessary reverberation
to make the singer’s voice sound better. The study by
Bidelman and Krishnan confirms what the audience
heard, the added reverberation can improve the quality
of the singer’s voice but it does nothing for the tuning
[4]. In fact, the human brain senses reverberation and
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can determine the geometry of a room through audio
signals. Evidence suggests that the size of a room,
sensed through reverberation, affects a person’s
emotional response to neutral and nice sounds. A human
tends to perceive small rooms as being calmer, safer,
and more pleasant than large spaces [5].
Musicians appreciate moderate reverberation because it
helps blend the sound and smooth transitions between
notes. This work demonstrates the insertion of
modulation blocks into multiple stages of a
reverberation algorithm and presents a description of
reverberation, the details of how a hall reverberation
affects a sound, and discussion on the value of the final
modulated product.
2.

THEORY

Reverberation is the collection of reflected sounds from
the surfaces in an enclosure. This effect can be heard in
auditoriums, concert halls, theatres, and churches, and it
is a desirable property of these places to the extent that
it helps to overcome the inverse square law drop-off of
sound intensity. It is very hard to hear a direct sound in
everyday life, as most of the sound that is heard by a
listener in real life contains some level of reverberation.
Shown in Figure 1 is an example of a person performing
in an auditorium, which displays that there is
significantly less direct sound in this situation and other
sound paths. The addition of these sound paths at the
coordinates of the listener composes a whole sound,
containing reverberation.

Fig. 1. Conceptual diagram of reverberation in a hall [6].

below in Figure 2 represents a sound received by the
listener as a function of time resulting from a sound
pulse from a distance away. The direct sound is heard
first and the clearest represented by the one line.
Following the direct sound are the early-reflected
sounds, which is a significant characteristic for an
auditorium and can be also seen by the different lines
shown above in Figure 1. And finally, the sound pulse
turns into a collection of many reflected sounds that
blend and overlap and this is what is called
reverberation.
Normally the time for reverberation to take full effect in
an auditorium or a hall is 1.5 to 2.5 seconds [6]. In
between these times is the perfect amount of
reverberation that a human ear can take in and still be
able to understand a sound clearly. Anything above this
time of reverberation starts to get distorted. Figure 3
shows the different times of reverberation and how a
sound sounds like at that specific time. Highly reflective
surfaces with have a reverberation time of over 2.5
seconds and while they may create a richer musical
sound, fine sounds lose their articulation.
Understandably this is beneficial for an organ player but
the majority of sound cannot benefit from this and
therefore it is not universally valuable. A similar
compatibility problem goes for reverberation time
below 1.5 seconds with absorbing surfaces; it keeps the
articulation but lacks an addition of body or fullness for
musical sounds. In looking for a system that is attractive
to a wide range of sounds, a general-purpose
reverberation time that gives a fuller body but does not
distort the sound is ideal. The visual in Figure 3 shows
that as reverberation time increases, the clarity of the
sound decreases.

Fig. 2. Representation of the reverberation effect in response to a
sound pulse [6].

The question then becomes, how much direct sound
does that person sitting in the audience hear? The graph
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chords. In addition, the hall reverb algorithm responds
heavily to deep male vocals, resulting in a thick, rich
sound, while the female vocal is given more
spaciousness and depth.
2.2.

Fig 3. Reverberation timing diagram [6].

2.1.

Hall Reverberation

The hall reverberation algorithm is a digital
representation of the concept described in Figure 2. The
hall reverb is the most common amongst the different
types of reverberations and as the name suggests, ‘hall’
refers to the echo heard in a concert hall. Generally, the
construction of a concert hall creates a reverberation
that lasts anywhere from 1.2 to 3 seconds or longer [6],
and adds a three-dimensional ambience for the
audience. The reverb tends to fill out the back of a mix
as well as adding depth without crowding the
foreground. The hall reverberation algorithm is
implemented by taking a sum of early reflections,
implemented by a 10 tap delay line, and passing that
signal both to the output as well as a late reverb
generator, generated by a loop of delay blocks and allpass filters.
Digital processors and computer programs, such as
MATLAB and Simulink, can be used to produce a
simulated effect that contains the depth and
spaciousness of a large hall without the muddying effect
towards the end. In addition, the digital processor can be
used to apply modulation techniques to add a richness
and character that works well with music.
The most common applications of digital reverb are for
piano, guitar sounds, and vocal performance. In the
piano, the hall algorithm produces a larger sounding
output with a changed sound character [7]. The hall
reverb adds size and depth while the chords are
sounding in a guitar, while preserving gaps between

Chorus Modulation

Commercial guitar effects companies often push
boundaries of traditional effect options. One way of
augmenting the hall reverberation effect is through the
addition of a modulation effect, most commonly
referred to as “chorus”. The chorus effect was
originally produced to make a single person’s voice
sound like multiple voices singing together. In audio
production, chorus is one of the two standard audio
effects defined by the Musical Instrument Digital
Interface (MIDI) [8]. The other effect is reverberation,
which was mentioned above. A chorus effect works by
adding multiple short delays to a signal, with each delay
having variable length. What this means is that the delay
time changes producing the added frequency signals
required for a chorus sound. The final sound is that of
several of the same instrument being played. Figure 4
shows a block diagram realization of the chorus effect.
2.3.

Simulation Process

In the chorus effect, a DSP algorithm combines digital
delays and at least one low-frequency oscillator (LFO)
to produce the chorus effect. The delays add a time
offset and the LFOs vary the pitch [9]. Varying the
number of delays used in the design of the chorus DSP
algorithm changes the quality of the chorusing effect. In
addition, the number and speed of the
LFOs used in the algorithm design also contribute to the
overall effect. In general, the more individual delay
lines and LFOs that are part of the DSP algorithm, the
thicker and more complex the effect can be.
An audio signal is first delayed by a small amount, in
the range of 5 to 40 milliseconds. This produces a
doubling effect. Each delayed signal is then sent to the
LFO. The LFO is used to produce the variable length
for the delay, which moves the signal frequency up and
down, changing the tuning from sharp to flat. The LFO
usually runs at a slow speed; 1 to 5 oscillations per
second are typical. The output of the delayed and pitchaltered signal is then mixed in with the original audio.
This blending completes the chorus effect [10].
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Fig. 4. Hall reverberation block diagram in SIMULINK.

Fig. 5. Chorus modulation block diagram in SIMULINK.

3.

stacking multiple chorus blocks to create a desirable
output sound.

THEORY

Electronic hall reverberation is used in this work. As
shown in the previous section, the diagram implemented
to create this sound uses a block of early reflections to
create the initial echoes and a block of late reverberation
to widen and broaden the sound. The early reflection
block takes 10 different delays of the input in multiples
of a manually inserted delay value and sums them
together to create the early reflections. The next block
is the late reverberation generator, which regenerates a
loop of delays, all-pass filters (AP), low-pass filters
(LPF), and high-pass filters (HPF). This loop creates a
smooth decay that slowly builds in depth.
The chorus blocks used are designed to create the
illusion of multiple instances of the input sound playing
in unison. This is created through a varying delay
through a feedback loop. A low frequency oscillator
was used to implement the varying delay that creates
small variations between the multiple input instances
[11]. In this work, chorus blocks are inserted into the
original hall reverberation algorithm in three places, as
shown in Figure 5. This work compares the effect of

The integration between the data flow programming
tool, Simulink, and the high-performance technical
computing tool, MATLAB, allowed for this creation of
a new modulation reverberation combination. Simulink
was used to create the block diagrams for the
reverberation and the modulation of this original sound.
This program was monumental in the process of
creating an algorithm due to Simulink’s library of
predefined blocks and ability to process variable values
from MATLAB scripts to make the individual blocks
more customizable. Once the Simulink files were built,
a MATLAB script was created to connect the input
sound, the reverberation, the modulation, the variable
values, and return output sound.
There are three different input test signals used in this
paper to represent various applications of this theory.
The first input test signal used in this work is recorded
audio from an electric guitar, recorded for 26 seconds at
a sampling rate of 44.1 kHz. The content of the signal is
several musical chords, which makes this test signal
directly related to the desired application of this work.
Figure 7 shows the signal pattern of the clean guitar
input
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Fig. 6. Stacked chorus modulation in a hall reverberation algorithm block diagram in SIMULINK.

signal for each of the reverberation and modulation
configurations. The second figure for each signal,
shown in Figures 9, 11 and 13, displays the same signal
with the time constrained to 2.6 seconds to more clearly
display the differences between the signals.
The hall reverberation output shown in Figure 8 (a) has
a longer tail than that of the clean original sound in
Figure 7, which displays the reverb acting on the
original signal. By adding extra chorus modulation
blocks to different sections of the hall reverberation, the
output sound for the guitar became more defined in its
drawn out echo style. The signal in Figure 8 (b) includes
a single chorus block in the beginning of the hall
algorithm that displays modulation the sound
throughout the signal.
Fig. 7. Electric guitar test signal with no audio effects applied.

signal. Notice the space between chords to allow for the
modulation and reverberation to be heard through the
testing process. The second signal is of clean male
vocals a sampling rate of 44.1 kHz with minimum space
between words and lines to blend the reverberation
pattern. The third and last signal is created by the quick,
sharp notes from a mandolin, also recorded at a
sampling rate of 44.1 kHz, to determine if the
reverberation effect can be held in shorter segments.
Figure 7 displays the electric guitar test signal with no
processing applied.

4.

RESULTS

In this section, the reverberated signals with no
modulation are compared to the signal with varying
degrees of stacked modulation. This is shown through
two figures per test signal, and in each, (a) represents
the reverberated signal with no modulation, (b) is the
reverberated signal with one chorus block inserted, (c)
is the signal with a second chorus block stacked, and (d)
is the signal with all three chorus blocks stacked into the
signal.
The first figure for each signal, shown in
Figures 8, 10 and 12, displays the entire time –domain

Fig. 8. Guitar test signal. Processed test signal in the cases of (a)
hall reverb, (b) hall reverb and chorus, (c) hall reverb and two
stacked chorus effects, and (d) reverb and three stacked chorus
effects.
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Fig. 9. Guitar test signal. Processed signal constrained to 2.6
seconds in the cases listed in Figure 8.

Fig. 11. Vocal test signal. Processed signal constrained to 2.6
seconds in the cases listed in Figure 8.

Fig. 10. Vocal test signal. Processed signal in the cases listed in
Figure 8.

Fig. 12. Mandolin test signal. Processed signal in the cases listed
in Figure 8.

The modulation applied to the voice test signal in Figure
10 (b) starts to remove the clarity of the words and tone
since the overall sound periods are longer, but the length
of the individual notes is shorter. On the other hand, the
short time and stability of the mandolin notes made the
modulation less pronounced for this case. It is notable
that the guitar has the longest sustain, and produces the
most desireable sound using modulation, while the
vocals have the medium amount of sustain and the
mandolin has the shortest sustain.

In Figures 8, 10, and 12 (c) a second chorus modulation
block was added right before the late reverberation and
in Figures 8, 10 and 12 (d) a third chorus was added
after the late reverberation. These additional chorus
modules created a more distinct modulation pattern
within the sound, giving the chords in the test signal a
longer and wavelike tone. The additional chorus
modulation to the hall reverberation made the wavelike
delay reverberation more defined.
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Test
Guitar Single Modulation vs.
Double Modulation
Guitar Double Modulation vs.
Triple Modulation
Vocal Single vs. Double
Vocal Double vs. Triple
Mandolin Single vs. Double
Mandolin Double vs. Triple

Fig. 13. Mandolin test signal. Processed signal constrained to 2.6
seconds in the cases listed in Figure 8.

The addition of further modulation blocks does not
necessarily yield a more desirable signal. In particular,
the clarity of the mandolin signal is significantly
degraded with the use of three modulation blocks. The
vocal test signal experiences a similar effect, with the
modulation becoming overbearing. The electric guitar
test signal had crisp notes like the mandolin but was
more drawn out like the voice, making the guitar a great
instrument to use for with this tool. Figures 9, 11, and
13 shows a-d as described above, but with the time scale
constrained to 2.6 seconds in order to see the signal
modulation more clearly.
In order to test the efficacy of stacked modulation in
reverberation, a blind listening test was performed by
four independent listeners, who were asked to compare
the different levels of modulation using the ABX test
[12]. The listeners were given 10 trials each to correctly
identify different configurations of modulation. For
each test signal, two ABX tests were performed for 10
trials. The first ABX test compared the signal with one
modulation block with the signal with two modulation
blocks. The second ABX tests compared the signal with
two modulation blocks with the signal with three
modulation blocks. The point of this test was to
determine if there was an audibly discernible difference
between different levels of modulation.
Table 1 displays the results of the ABX test for the 40
trials per test. The key for X signals was determined
randomly using a uniform distribution with probability
of signal A=50% and probability of signal B=50%. The
results shown in this table indicate that the listeners

Average % Correct
77.5
92.5
80
87.55
8
72.5

were generally ably to discern the difference between
the signals. The general trend is that listeners were
more effective at identifying the difference between the
double and triple modulated signals. This is most likely
because the addition of a third modulation block
introduced distortion into the signal. The only case that
diverges from this trend is the mandolin signal. This is
most likely due to the short length of the notes in the
mandolin test signal, so the modulation is less audible in
the signal.
5.

CONCLUSIONS

The work done to the test signal shows that stacking
chorus blocks within an electric hall reverberation
algorithm can greatly affect the output sound. With each
addition of a chorus block, the signal modulation
becomes more obvious. These results demonstrate that
the difference between two and three modulation blocks
is audible, but also introduces distortion into the signal.
This suggests that adding more chorus blocks does not
necessarily make the audible output sound more
desirable. It is likely that the distortion yields the higher
rate of correct identification for this test. In reality, by
observing the time-domain signals, it is clear that the
addition of more chorus blocks yields diminishing
returns in the effect of the signal.
Taking computational and physical complexity into
account, the audible benefits afforded by adding more
chorus blocks to the modulation decrease at a certain
point, deeming the added complexity not necessarily
worth the small change in output sound. Each chorus
block requires more memory as well as an additional
low-frequency oscillator. With numerous chorus blocks,
the slow speed and flattening effects of the LFO can
create a less than ideal outcome. For a real time
algorithm, computational complexity being at a
minimum is ideal for functionality, performance, and
user cost. This suggests that for real time, there should
be a limitation to the number of modulation blocks.

Table 1. Results of the blind ABX listening test.
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There are a number of avenues for future research
related to this work. Possible areas to advance include
the addition of different modulation types and
implementations, parameter optimization for both the
chorus and reverberation algorithms, application of this
method to other reverberations, and real-time
implementations for this algorithm. It is expected that
this work will be continued in developing novel
algorithms for reverberation effects.
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